
LOW POWER SIGMA DELTA MODULATOR 

FIELD Of THE INVENTION 

5 The present invention relates to a method for designing a sigma delta modula- 
tor (SDM). Furthermore, the present invention relates to a SDM having an 
enlarged maximum dynamic range compared to conventional SDM. Even fur- 
ther, the present invention relates to microphone modules, hearing aids, cellu- 
lar phones and hea*d-sets comprising a SDM according to the present inven- 
10 tion. 

BACKGROUND OF THE INVENTION 

V^^^^SDMs have received much attention\n recent years. The combination of over- 
15 sampling and noise shaping has revealed performance levels, which were not 
achievable just a few years ago in integrated circuit technology. The principle 
can be used in many applications. Examples such as analogue to digital con- 
verters, digital to analo^u^onvertersl phase locked loops, PDM systems, 
PWM systems etc. have proven the versatility of this principle. The basic idea 
20 is that clock frequency is traded off for\resolution. 

A generic model (purely mathematical description) of a SDM shown in figure 
1, consists of a pre-fiiter 101, a feedback filter 102 and a quantizer 103. The 
pre-filter and the feedback filter have the transfer-functions G(z) and H(z). To 
25 obtain a linear model of the modulator the quantizer is replaced by a linear 
gain block 104, and a noise source 105. The gain block has a gain of k. This 
model allows us to use all the standard mathematical tools available for linear 
systems for analysing the SDM. 



30 To characterize the SDM two transfer functions are defined. These are the 

Signal Transfer Function (STF) and the Noise Transfer Function (NTF). The STF 
is defined as the transfer-function from the input of the modulator to the out- 
put. And the NTF is defined as the transfer-function from the quantization 
noise source to the output. 

35 

The two transfer functions are given by: 
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Where k is the equivalent linear gain of a comparator. 



A specific group of SDM, which are of special interest, is one bit single loop 
SDM. This type of SDMs have the advantage of being especially easy to im- 
plement in integrated circuit technology, and especially for low voltage appli- 
cations the very simple implementation is advantageous. 

One bit single loop SDMs comprise a plurality of integrator^mj)edded in a 
feedback loop with a plurality of feedback branches. This topology forms the 
feedback filter 102 and the pre-filter 101. It can be shown that the NTF is a 
high pass filter function whilelthe STF is a low pass filter-function. I.e. the 
quantization noise is suppressed at low frequencies while the low frequency 
input signal is PJ*?sed unaffected through the modulator. A subsequent filter, 
digital or anal<£gu£, can then remove the high frequency noise thus leaving the 
low frequency part of the signal with an improved signal to noise ratio. 

When designing a SDM it is the design of the filter, which influences the per- 
formance of the SDM. It is of Werest to choose the order and the coefficients 
of the filter in such a way thattthe noise is minirtfiskd in the frequency range 
of interest. \ ^— * 

It is advantageous to design the NTF as a Butterworth filter as it has a low 
sensitivity to coefficient variations. A simplified Butterworth NTF is shown in 
figure 2. If the frequencies below the broken line 203 in the output of the SDM 
are the most important (such as in audio applications), then the NTF should 
suppress the lower frequency noise as much as possible. This can be achieved 
in two ways, either 

1. by increasing the order of the filter and thereby increase the slope 205 of 
the noise transfer, or 

2. by increasing the cut-off frequency 201. 

For a filter of a given order, the only choice available is the choice of having a 
NTF with a very high cut-off frequency. However, there is an upper limit how 
much the cut-off frequency of the NTF can be increased. Increasing the cut-off 
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frequency results in that the maximum stable amplitude (MSA) of the input 
signal decreases. All higher order SDM's have the property that when the in- 
put signal's amplitude exceeds a certain MSA value the SDM becomes unstable 
and starts to oscillate. The definition of a higher order SDM is that the number 
5 of integrators in the loop is larger than two. 

S^/^T^ To summarise, the trade-offs when choosing the cut-off frequency in the NTF 
are: t 

10 - high cut-off frequency results in less noise and a lower MSA. 

whereas 
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\ 



low cut-off frequency results in more noise and higher MSA. 

H 15 

^^^^^According to the above, it is therefore of interest to design the filter in such a 
way that the optimal cut-off frequency is chosen - meaning a cut-off fre- 
quency resulting in maximum MSA vs. noise ratio - i.e. maximum signal to 
noise ratio (SNR max ). For each ordfcr of SDM's and NTF filter function an opti- 
20 mum NTF cut-off frequency exists for which the SNR max is maxin^ffs^d. 

The modulator has to be capable of handling input signals larger than the 
MSA. A typical way of assuring stability of the modulator is to reset the inte- 
grators of the modulator when the amplitude of the input signal exceeds MSA. 
25 Instability can also be detected by monitoring the output signal, or it can be 
detected by monitoring, independently, the output signals of each integrator, 
and then resetting the integrators accordingly. 



The above-mentioned way of accounting for instability is very effective, but 
30 unfortunately, it also introduces distortion in the output signal when the inte- 
grators are reset. An alternative way of ensuring stability is to limit the output 
swing of the integrators so that the signal swing at the output of each integra- 
tor do not increase uncontrollable - even in the situation when the input signal 
exceeds MSA causing the modulator to become unstable. This approach is 
35 very attractive as it introduces minimum distortion and gives a large dynamic 
range (DNR). Unfortunately, this approach is very difficult to implement in low 
voltage circuit design. 
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*^"^>It is therefore of interest tolestablish a new and optiijrfjs$)d design route for 
SDMs to ensure maximum DNR and stability while keeping the distortion in 
the output signal at a minimum for input signals exceeding MSA. 

5 The dynamic range is defined as the ratio between the maximum output signal 
power and the output idle (no input signal) noise power. 

When designing SDMs for use in low power/low voltage applications a variety 
of factors have to be taken into consideration since the implementation is not 
10 ideal compared to an ideal SDM. Examples of this being: non-infinite gain of 
integrators, circuit noise etc. 

^T^^It is an object of the present invention to provide a new and optif^jped design 
route for SDMs for low power emd low voltage applications to ensure maximum 
15 DNR, maximum SNR max and maximum stability. 

SUMMARY OF THE INVENTION 

The above-mentioned object is complied with by providing, in a first aspect, 
20 a method for designing a sigma-delta-modulator comprising a plurality of cas- 
caded integrators and a comparator, the method comprising the steps of: 

providing an input signal to an input of the sigma-delta-modulator, 

25 - determining an amplitude of a signal at an output of at least one of the 
plurality of integrators, 

adjusting the signal swing of the output signals of those of the integra- 
tors being placed closest in the signal path to the input of the sigma- 
30 delta-modulator by adjusting characteristics of those integrators in such 

a way that the signal swing of those integrators being placed closest to 
the input is significantly smaller than the signal swing of the remaining 
integrators. 

y cascaded integrators is meaAt that an integrator output is connected to the 
input of a following integrator. AVi integrator can in an embodiment be realised 
using digital or analog electronics^ 
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jJ*yk^^> A comparator is a component t 
nal to an amplitude discrete ou 
value. The input of the SDM mi 
cade of integrators. 



f"l 



ansforming the amplitude con^ifiu^ihput sig- 
put signal having either a first or a second 
y be the input of the first integrator in the cas- 



M, 10 



Typically, the output signals are determined for all integrators even though 
only some of them are affected in terms of having their outputs reduced. The 
adjusting of the characteristics of the integrators may be done by adjusting 
the gain of the integrators and/or values of feedback factors. 

The adjusting step may be performed by 



H - adjusting the signal swing of the output signal of a first integrator to a 

first value, and 

adjusting the signal swing of the output signal of a second integrator to 
a second value, the second value being larger than the first value. 



15 

3 
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The integrators being placed closest in the signal path to the input of the 
20 sigma-delta-modulator may be the two integrators being placed immediately 
after the input. The signal swing of the output signal of these two integrators 
may be below 20 percent of the full scale output signal level of the quantizer. 
The signal swing of the remaining integrators are adjusted so as to increase 
along the signal path. 

25 

Again, the adjusting step may be performed by adjusting gain parameters of 
the integrators, such as adjusting the feedback gain. 

In a second aspect, the present invention relates to a sigma-delta-modulator 
30 comprising a plurality of cascaded integrators and at least one comparator, 
the sigma-delta-modulator being designed using a method according to the 
first aspect of the present invention. 

In a third aspect, the present invention relates to a method of controlling a 
35 sigma-delta-modulator comprising a plurality of cascaded integrators and a 
comparator, the method comprising the steps of: 
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monitoring the signal swing of an output signal of at least one of the 
plurality of integrators and determining if the monitored signal swing 
exceeds a predefined threshold value, and 




5 - in case the monitored signal swing exceeds the predefined threshold 

value reducing the output signal with a predefined factor or value so as 
to bring the monitored signal swing below the predefined threshold 
value. 

o Thus, if the signal swing atihe output of the integrators should become close 
to unstable (the predefined threshold value) the reduction with the predefined 
factor or value ensures that Vistability never occurs and the integrators signal 
swing remains stable. \ 

15 The predefined threshold value may be associated with a maximum stable in- 
put amplitude of the sigma-delta-modulator. 

The input signal being introduced may be within the range of 95 - 99% of a 
predefined MSA. The signal swings at the output of the integrators is reduced 
20 resulting in very low sensitivity to circuit imperfections. 

In a fourth aspect, the present invention relates to a sigma-delta-modulator 
comprising a plurality of cascaded integrators, at least one comparator, and 
means for performing a method according to the third aspect of the present 
25 invention. 

In a fifth aspect, the present invention relates to a sigma-delta-modulator 
having a maximum signal (S) to noise (N) plus total harmonic distortion (THD) 
ratio, S/(N+THD), being larger than a predetermined value, said predeter- 
30 mined value being determined from a maximum stable amplitude value and a 
noise power value, the maximum stable amplitude value and the noise power 
value being derivable from an obtainable noise transfer function associated 
with the sigma-delta-modulator. 

35 The predetermined value may be determined using the expression 

MSA^ 

201og 10 ~ : 
Noise 



rms 
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wherein MSA rms is a root mean square value of the maximum stable amplitude 
value, and wherein Noise rms is the root mean square value of the noise power 
value which may be derived by summing the energy of the idle noise in the 
band of interest. 




MSA rms may be derived from the (Ea^si^n ability criterion by solving the equa- 
tion: 1 



2 

/ / w 1 - MSA. 
Min(A(K)) = p — 



l-MSA. 2 -^e- 2{erf ' liMSA ^ 
n 



10 where A (K) = 2-norm(NTF(K)) - i.e. the two-norm of the impulse of NTF as a 
function of the quantizer gain K. 

If the signal is a sine wave then MSA rms = MSA pea k/sqrt(2). 

15 The sigma-delta-modulator may comprise a plurality of integrators and a least 
one comparator. The plurality of integrators may be cascaded. 

In a sixth aspect, the present invention relates to a microphone module com- 
prising a sigma-delta-modulator according to the second or to the fifth aspect 
20 of the present invention. This microphone module may form part of a hearing 
aid, a cellular phone, or a head-set. 



In a seventh aspect, the present invention relates to a mobile unit comprising 
a sigma-delta-modulator according to the second or to the fifth aspect of the 
25 present invention. The mobile unit may be selected from the group consisting 
of hearing aids, cellular phones, or head-sets. 

BRIEF DESCRIPTION OF THE DRAWINGS 



30 In the following preferred embodiments of the present invention will be de- 
scribed in further details with reference to the accompanying figure, where 



figure 1 shows a generic model of a SDM, 
35 figure 2 shows a simplified Butterworth NTF, 
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figure 3 is a flow diagram showing the steps of filter design in SDM according 
to the present invention, 

figure 4 shows a simplified transfer function showing the SNR as function of 
5 the cut-off frequency, 

figure 5 shows a single loop SDM, 

figure 6 shows a diagram of the process of designing coefficients for the indi- 
io vidual integrators, 

figure 7 shows an example of a SDM with clamping, 

figure 8 shows the implementation of soft clamping of an integrator, 

15 

figure 9 the steps of determining coefficients and clamping levels is shown. 



DETAILED DESCRIPTION OF THE INVENTION 

20 

In the following, the steps of designing the filter part 102 (figure 1) of a SDM 
according to the present invention is described. 

Figure 3 shows the design steps according to the present invention. First, the 
25 filter type is chosen 303 - this is done by choosing filter coefficients according 
to the desired filter type. A Butterworth filter is often used, because of its low 
sensitivity to variations in the coefficients and because Butterworth NTF's are 
very reliable. Thus, the stability/instability of the filter can be precisely pre- 
dicted. 

30 

Then the filter type is fixed, the order of the filter is chosen 305 according to 
specifications for the modulator. An initial guess for the order needed can be 
obtained from: 



caw om (2N + l)*OSR 2N+l 
35 SNR max = 201og 10 ^ 



71 
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where N is the order of the SDM and OSR is the over-sampling ratio. SNR max is 
the required maximal signal to noise ratio for the SDM. 

This formula provides an optimistic guess, but as an initial guess, the formula 
5 is very useful. As already mentioned, the order of the filter influences the 
slope of the NTF filter characteristic shown in figure 2. Choosing a higher order 
filter increases the slope of the NTF (line 205), but it also makes the SDM 
more complex. 

40 In audio-related applications it is primarily the low frequencies that are impor- 
tant. The reason for this is mat the human ear is only sensitive to such low 
frequencies. In figure 2 the important frequencies are below the dashed line 
203 - therefore the noise should be minimised in this frequency range. As al- 
ready mentioned this can be qpne by increasing the order of the filter or by 

15 moving the NTF cut-off frequency to higher frequencies, although by increas- 
ing the NTF cut-off, the MSA will be lowered. Contrary, a lower NTF cut-off 
frequency results in more noise)pnd higher MSA. 

The maximum achievable signal to noise ratio SNR max of a conventional SDM is 
20 defined as follows: 



SNR max =20lo gl 



MSA„ 



Noise 



rms 



In figure 4, a simplified transfer function showing the SNR as function of the 
25 cut-off frequency is shown. The optimal cut-off frequency is the frequency 
with the highest SNR, this frequency is shown at 403 and the corresponding 
optimal SNR m ax is shown at 401. 



The cut-off frequency is determined realising the above dependency between 
30 MSA and cut-off, but also implementation limitations have to be considered. 
For low power integrated circuits this means that a SNR max vs. power con- 
sumption ratio should be defined. 

If one assumes that the power needed to process a signal is inversely propor- 
35 tional to MSA squared, then the NTF cut-off should be determined as the cut- 
off corresponding to the optimum of the curve describing the SNR vs. power 
relationship - thus 
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SNR max vs.Power « SNR mzx + 201og 10 MSA^ 

Finally, in step 309 (figure 3), the MSA corresponding to the chosen cut-off 
frequency is determined. 

Depending the requirements, the optimum resulting in the highest SNR max , or 
the optimum resulting in the best SNR max vs. power consumption can be cho- 
sen. 

A single loop SDM is shown in figure 5. It consists of a number of integrators 
(501, 503, 505, 507) and a comparator 509. The number of integrators equals 
the order of the filter. Each integrator has a feedback loop via feedback fac- 
tors bi, b 2 , b 3 b n and a gain factor g Xi g 2 , g 3 g n ... Furthermore the input 

can, if necessary, be amplified by a factor ai. One can also add/introduce 

other gain factors, a 2 , a 3 a n and feedback loops but for simplicity reasons 

they are not shown/mentioned here. 

A actual implementation of a single loop SDM will always be non-ideal com- 
pared to a theoretical/ideal SDM. The non-ideal aspects are introduced be- 
cause of non-infinite gain of integrators, noise etc. Therefore, even though the 
above theoretical rules have been followed, the real SDM will perform less ef- 
ficiently than the ideal modulator. Performance degradation can be in terms of 
SNR max , distortion etc. 

It will now be described how the ideal modulator can be re-designed to fit a 
real circuit implementation - especially regarding a low voltage/low power cir- 
cuit implementation. 

In a chain of integrators embedded in a feedback-loop, not all errors are 
equally important. It can be shown that errors introduced by the first integra- 
tor will be multiplied with a gain factor and present at the output, while errors 
introduced by the second will be high pass filtered by a first order filter. 

Generally, an error introduced by an integrator will be filtered by a high pass 
filter having an order being one lower than the number of that integrator. 
Thus, the most important errors are introduced by the first integrator, the 
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second most important are introduced by the second and so on. In the present 
content errors mean noise, distortion non-infinite gain etc. 

It is therefore important that the first and the second integrator each has a 
5 high open-loop gain, and that the first integrator has low noise and is linear. 
To account for these non-ideal conditions when scaling the coefficients, the 
signal swing may be below 20 percent of the full scale output signal level of 
the quantizer. This will allow a circuit implementation of the first two integra- 
tors to achieve very high open loop gains even at very low supply voltages. 
10 The signal swings at the output of the subsequent integrators can then be al- 
:Z lowed to be much larger. This means that the circuit implementation of these 

Q integrators becomes much more simple to implement, and that the power 



consumption from these can be lowered. 



H 15 Figure 6 shows a diagram of the process of scaling the signal swing as men- 
tioned in 311 in figure 3, whereby a minimum of signal swing is obtained at 

is 

Q the first integrators. First, an input signal having a value just below the de- 

termined MSA is introduced to the SDM - 601. 



20 The amplitude distribution of the signal at the first integrator is then moni- 
tored. The amplitude can then be scaled by re-calculating the gain (g) of the 
first integrator, the gain (g) of the second integrator, and a feedback parame- 
ter of the second integrator b. This must be done in such a way that the NTF 
is preserved. 

25 

^The signal swing after each integrator is monitored 602 and, in a preferred 
embodiment, the output of the first two integrators are miniirllse^ by adjust- 
ing the coefficients of these integrators 603. When the coeffioeflts of these 
integrators have been adjusted, tfte remaining integrator coefficients are ad- 
30 justed 604 in such a way that the signal swings after the third integrator and 
the following integrators have a lamer signal swing than the signal after the 
first and the second integrator. The\SDM now complies with the above- 
mentioned advantages. 

35 It is to be mentioned that the invention is not to be restricted to the above. 
The principle of the invention is that the first integrators should have a small 
signal swing allowing the remaining integrators to have a larger signal swing, 
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whereby these integrators are much simpler to implement and the power con- 
sumption can be lowered. 

The above-mentioned procedure is linked directly to the method for ensuring 
stability of the SDM. When a signal equal to or above MSA is applied to the in- 
put of the SDM, the modulator becomes unstable. This unstable situation 
causes the signal-levels at the output of each integrator to increase in an un- 
controllable way. In order to avoid this, clamping is introduced. When the sig- 
nal swing after an integrator exceeds a certain level, the integrator is reset. 

In figure 7 an example of a SDM with clamping is shown. An example of a 
clamping procedure could be that the integrator is reset if the integrator out- 
put exceeds 90% of a level corresponding to maximum stable input amplitude. 

It is not necessary to monitor and reset the first two integrators. Only integra- 
tors having a number higher than 3 should normally be monitored in order to 
assure stability. In a preferred embodiment, the clamping scheme is imple- 
mented so that the last integrator clamps first, then subsequently the second 
last, and so on. 

The error, introduced by the clamping, will be shaped by the first two integra- 
tors resulting in a larger DNR. The level where clamping should occur for a 
specific integrator equals the signal swing at the output of that specific inte- 
grator when a signal equal to MSA is applied to the input of that integrator. 

When an integrator is completely reset in order to maintain stability then dis- 
tortion is introduced. However, the distortion will be suppressed by the gain of 
the first and second integrators. 

Resetting is in fact not always nqcessary in order to maintain stability*~ln or- 
der to maintain stability it may orlrty be necessary to multiply (or sul^strajpt) 
the state variable of the integratoAby a factor which ensures that the output 
of the integrator will not increase ill a uncontrollable way. This clamping pro- 
cedure ensures that the modulator can be operated in an overload mode 
where it is capable of handling a sigfoal larger than MSA. In fact it can be de- 
signed so that the maximum input can be as large as the full scale output sig- 
nal level of the quantizer (assuming far simplicity that ai equals b x ) whereby a 
much larger dynamic range is obtained. Combined with the design procedure 
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QpgjA^ for the NTF this nneans that thi SDM will have a much larger DNR than con- 

^ ^ ventionally operated SDMs. Fura:hermore, much lower distortion at high output 
£0*4** signal levels can be achieved cqmpared to conventionally operated SDM's. 

5 As shown in figure 3, the process following signal swing adaptation 311, is a 
design-process involving the calculation of the above-mentioned factors - the 
so-called soft clamping factors. 

In figure 8, soft clamping of an integrator is illustrated. When soft clamping is 
M= 10 applied, it is checked whether the output signal is above a predefined clamp- 
£3 ing level. If this is the case, a clamping factor/value a (n ) is multi- 

plied/subtracted to/from the state variable. The clamping level and clamping 
factor are determined for each integrator. 



f u 



is 



15 In figure 9, the individual steps in a soft clamping process are shown. Soft- 
clamping coefficients are calculated in the following way: 



For a given integrator (number n in the signal path) it is needed to define the 
maximum signal level output from the preceding integrator (number n-1). 
I=y 20 This maximum signal level is defined as Out^.j;_ max . The clamping level of in- 
tegrator n is denoted clamp (n) . 

The maximum signal level reaching the integrator via the feedback branch is 
b ( n)'max_quantizer_level = b (n ), if the max output from the quantizer is 1. This 
25 is the case when the quantizer only has to levels. 

The soft clamping coefficient a (n )for integrator n may then be calculated as: 



„ < clamp (n) 



clamp in) + g - (Out {n _ X) _^ + b {n) ) 



30 

The above-mentioned expression is valid for one implementation. Other ex- 
pressions can be derived for other specific implementations. Thus, soft clamp- 
ing is not restricted to specific implementations. 

35 While the present invention has been described with reference to one or more 
particular embodiments, those skilled in the art will recognize that many 
changes may be made thereto without departing from the spirit and scope of 



24867US01/STM/31-01-02 



# # 

14 

the present invention. Each of these embodiments and obvious variations 
thereof is contemplated as falling within the spirit and scope of the claimed 
invention, which is set forth in the following claims. 
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